This paper presents a methodology for the design of broadband electroacoustic resonators for low-frequency room equalization. An electroacoustic resonator denotes a loudspeaker used as a membrane resonator, the acoustic impedance of which can be modified through proportional feedback control, to match a target impedance. However, such impedance matching only occurs over a limited bandwidth around resonance, which can limit its use for the lowfrequency equalization of rooms, requiring an effective control at least up to the Schroeder frequency. Previous experiments have shown that impedance matching can be achieved over a range of a few octaves using a simple proportional control law. But there is still a limit to the feedback gain, beyond which the feedback-controlled loudspeaker becomes non-dissipative. This paper evaluates the benefits of using PID control and phase compensation techniques to improve the overall performance of the electroacoustic resonator.
allow sound insulation to be achieved, by connecting a negative capacitance compensated for with advanced control strategies. 23 The present paper investigates such compensation strategies for a direct 24 impedance control system achieving broadband electroacoustic resonators out 25 of conventional loudspeakers, for application to room modes equalization. We and extension to 3D enclosed sound fields. The equation of motion follows from Newton's second law and can be 6 written as
where p is the input sound pressure acting on the diaphragm, v is the 8 diaphragm velocity and i is the electrical current flowing through the voice 9 coil.
10
The governing equation of the electrical side is based on Kirchhoff's laws 11 and can be written as 1 e(t) = R e i(t) + L ei (t) + Bl v(t)
where e is the input voltage between the electric terminals. Note that the 2 model given in Eq. (2) can be further detailed by taking into account eddy 3 currents which are created when a conductor (here the voice coil) experiences 4 changes in the magnetic field, in accordance with Faraday's law of induction.
5
These phenomena yield substantial changes in the magnitude and the phase 6 relationship between voltage and current in L e [17, 18] . For the sake of 7 simplicity, these effects are not taken into account in what follows. 
where s = jω is the Laplace variable, and where all capital letters represent the
13
Laplace transform of the corresponding time-domain quantity in minuscules.
14 Note that the outward current is shown as positive, and the inward velocity 15 is considered as positive. Driven by an auxiliary voltage source E g , the voltage E at the loudspeaker where Z L is the source impedance. 
where Z m (s) = sM ms + R ms + 1/(sC mc ) is the mechanical impedance and 4 Z e (s) = R e + sL e is the blocked electrical impedance of the loudspeaker. Eq.
5
(5) indicates that the diaphragm velocity in response to an incident pressure 6 P (s) can be controlled by applying an adjustable voltage function E(s) to 7 the voice coil. For the sake of simplicity, the source internal impedance Z L (s) 8 will be neglected in the following, yielding E g (s) = E(s) and where 
where p/ρc is the time-varying reference (set point) that is proportional to 
The action of the controller thus consists in ensuring that the diaphragm 2 vibrates with the same value as the reference input p/ρc, or, in other words, then to minimize the effects of the residual reactive parts so as to extend the 10 bandwidth over which the impedance matching occurs. The closed-loop transfer function V /P depicted in Fig. 3 
This complex-valued, frequency-dependent quantity describes the dynamic 13 response of the diaphragm to an external acoustic disturbance, characterizing 14 the acoustic properties of the surface. Also, Eq. (9) clearly shows that the 15 value of the feedback gain K p will affect the coefficients in the numerator and 16 denominator, thereby modifying both the system gain and closed loop poles.
17
The sound absorption coefficient α can then be derived as
and defines the ratio of the acoustic power absorbed by the surface of materials
19
(here the loudspeaker cone) with respect to normal incidence sound power 
which can be characterized by three parameters
where K is the system gain (in m s −1 Pa −1 ), ω 0 is the natural resonance 9 pulsation (in rad s −1 ), and ζ is the damping ratio.
10
When the coil inductance is not neglected, however, the denominator 11 of the driving-point admittance function V /P given by Eq. (9) is a cubic
where
are positive real coefficients. As detailed in the Appendix (see also [26, 27] 15 for further details), Eq. (13) can be factorized as and after some further manipulations, the roots of Eq. (13) are given by
Then, Eq. (9) can be written as
where K = S/M ms , and ν = R e /L e + BlK p /(ρcS L e ). As shown in Eq. (18),
the loudspeaker system has one real pole and two complex conjugate poles.
5
The damping ratio ζ in Eq. (18) can then be increased through the feedback 6 control gain K p , in order to achieve sound absorption over a broader frequency system is stable when
i.e., as long as the feedback gain is positive. This is consistent with the control 16 objective mentioned in the preceding section, aiming at providing additional 17 damping to the system. (18)) is the crossover frequency from which the feedback-controlled loudspeaker starts to be non-dissipative.
4. Methodology for designing advanced control system for electroa- an error signal ε, the usual form of a PID controller output e is given by
where K p is the proportional gain, T i is the integral time constant, and T d is proportional to the error ε at the instant t, to the integral of the error ε up to 1 instant t, and to the derivative of the error ε at instant t. The corresponding 2 transfer function of the PID controller can then be written as
The block diagram of the loudspeaker system under PID control can be 4 obtained after substituting C P ID (s) for H(s) in Fig. 3 
where N is the filter time constant that should be selected so that the high- of the specific acoustic admittance as
Apart from the coefficient b 3 , the PID parameters (K p , T i , T d ) are formally 
Phase lead-lag compensator 1
The main motivation for designing lead-lag compensators within a closed- C lead/lag (s) = K c 1 γ
with 0 < γ < 1 and β ≥ 1 However, it also increases the gain of the system at high frequencies, meaning The closed-form expression of the specific acoustic admittance as given in 
The methodology of lead-lag compensator design is therefore to place 2 additional pole and zero so that a positive or negative phase may be properly 3 added at the desired crossover frequencies. By phase crossover frequency,
4
we mean the frequency where phase shift is equal to -π/2, as illustrated in to the system over the specified frequency range. Because the gain of the lag 10 compensator is unity at middle and high frequencies, the transient response
11
and stability are not much affected. excitation is generated by a source loudspeaker which is wall-mounted close 6 to the other extremity that is open with a horn shape. The specific acoustic admittance ratio ρcY and absorption coefficient α are 
Control system implementation

11
The electroacoustic resonator velocity required in the feedback loop is applied to the terminals of the electroacoustic resonator. The examination of these results shows that the measured specific acous-7 tic impedances are satisfactorily consistent with the corresponding model. The dynamic system is controlled by its stiffness at low frequencies (thus 4 the admittance is proportional to frequency), then presents a maximum at 5 resonance where it is controlled by resistances, and it is controlled by its mass 6 above resonance (thus the admittance is inversely proportional to frequency).
7
The phase shift between the driving pressure and output diaphragm velocity 
22
The phase lag effect generated by integral control is expected to reduce matching, by extending the bandwidth of the ER below its natural resonance 1 (case B). The absorption coefficient of the diaphragm is then improved at low 2 frequencies, as illustrated in Fig. 10(a) . Unfortunately, integral control also 3 increases the phase shift of the system above the loudspeaker resonance, which 4 may negatively affect the performances compared to the proportional control.
5
As a result, the unwanted behavior where the ER is no longer a dissipative 6 system is amplified, as shown in Fig. 8 (a) and 9(a). Using a lag compensator
7
(case E) produces a similar affect to applying integral control but without Hz, meaning that the ER is still a dissipative system for the whole frequency 17 span, as shown in Fig. 10 (a) . The action of the derivative control can then 
Overall stability when coupling with a resonant sound field 7
The absolute stability of the active electroacoustic resonator has been 8 discussed so far. In practice, however, stability issues can still be experienced 
Active damping of modal resonances in a duct
4
To assess the control performance for damping low-frequency modal reso-5 nances, the ER is installed at one end of a 2.6 m length duct, the other end is not always well optimized [8] . defined as the distances in Fig. A.13 . By locating the turning points, it can
